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What is a TUN? 

What is 10 n? 

What is the EPS service? 
What is the TQ service? 
What is a missing link? 


Semiconductor types 
Very often, a large number of 
equivalent semiconductors exist 
with different type numbers. For 
this reason, 'abbreviated' type 
numbers are used in Elektor 
wherever possible: 

- '74T stands for pA741 , 
LM741 , MC741 , MIC741 , 
RM741, SN72741 , etc. 

- TUP' or 'TUN' (Transistor. 
Universal, PNP or NPN re- 
spectively) stands for any low 
frequency silicon transistor 
that meets the specifications 
listed in Table 1 . Some 
examples are listed below. 

- 'DUS' or 'DUG' (Diode, Uni- 
versal, Silicon or Germanium 
respectively) stands for any 
diode that meets the specifi- 
cations listed in Table 2. 

- 'BC107B', 'BC237B', 
'BC5478' all refer to the same 
'family' of almost identical 
better-quality silicon transis- 
tors. In general, any other 
member of the same family 
can be used instead. (See 


BC177 (-8, -9) families: 

BC177 (-8, -9), BC157 (-8,-9), 
BC204 (-5,-6), BC307 (-8,-9). 
BC320 (-1,-2), BC350 (-1,-2), 
BC557 (-8, -9), BC251 (-2,-3). 
BC212I-3. -4), BC512 (-3, -4), 
BC261 (-2, -3), BC416. 

Resistor and capacitor values 
When giving component values, 
decimal points and large numbers 
of zeros are avoided wherever 
possible. The decimal point Is 
usually replaced by one of the fol- 
lowing international abbrevi- 
ations: 

p (pico-) = 10'” 
n (nano-) = 10"’ 
p (micro) = 10"* 
m (milli-) = 10' 5 
k (kilo-1 *= 10 1 
M (mega-) = 10‘ 

G (giga-) = 10’ 

A few examples: 

Resistance value 2k7: this is 

2.7 kQ.or 2700 n. 

Resistance value 470: this is 
470 n. 

Capacitance value 4p7: this is 

4.7 pF. or 

0.000 000 000 004 7 F . . . 
Capacitance value 10 n: this is the 
international way of writing 
10,000 pF or .01 pF, since 1 n is 
10'* farads or 1000 pF. 


For further information, see 
TUP, TUN. DUG. DUS'. 

Elektor 21, p. 160. 

Table 1. Minimum specifications 
for TUP (PNP) and TUN (NPN). 



20V 
100 mA 
100 

100 mW 
100 MHz 


Some 'TUN's are: BC107, BC108 
and BC109 families; 2N3856A, 
2N3859, 2N3860. 2N3904. 
2N3947, 2N4124. Some 'TUP's 
are: BC177and BC178 families; 
BC1 79 family with the possible 
exeption of BC159 and BC179; 
2N241 2, 2N3251 , 2N3906, 
2N4126, 2N4291 . 

Table 2. Minimum specifications 
for DUS (silicon) and DUG 
(germanium). 



DUS 

DUG 

V R. max 

1 R, max 

Ptot. max 

CD. max 

25V 

100mA 

Ip A 

250mW 

5pF 

20V 

35mA 
100 pA 
250mW 
lOpF 


Some ‘DUS’s are: BA127, BA217, 
BA218. BA221, BA222, BA317. 
BA318, BAX13, BAY61, 1N914, 
1N4148. 

Some ‘DUG's are: OA85, OA91 . 
OA95, AA116. 


BC107 (-8. -9) families: 

BC107 (-8. -9). BC147 (-8.-9), 
BC207 (-8, -9). BC237 (-8, -9). 
BC317 (-8. -9). BC347 (-8, -9). 
BC547 (-8, -9). BC171 (-2,-3), 
BC182 (-3. -4), BC382 (-3, -4), 
BC437 (-8. -9), BC414 


Mains voltages 

No mains (power line) voltages 
are listed in Elektor circuits. It is 
assumed that our readers know 
what voltage is standard in their 
part of the world! 

Readers in countries that use 
60 Hz should note that Elektor 
circuits are designed for 50 Hz 
operation. This will not normally 
be a problem; however, in cases 
where the mains frequency is used 
for synchronisation some modifi- 
cation may be required. 

Technical services to readers 

- EPS service. Many Elektor 
articles include a lay-out for a 
printed circuit board. 

Some - but not all - of these 
boards are available 
ready-etched and predrilled. 

The ‘EPS print service list' in 
the current issue always gives a 
complete list of available 
boards. 

- Technical queries. 

Members of the technical staff 
are available to answer tech- 
nical queries (relating to 
articles published in Elektor) 
by telephone on Mondays 
from 14.00 to 16.30. 

Letters with technical queries 
should be addressed to: 

Dept. TQ. Please enclose a 
stamped, self addressed envel- 
ope ; readers outside U.K. 
please enclose an I RC instead 
of stamps. 

- Missing link. Any important | 
modifications to, additions to, 
improvements on or correc- 
tions in Elektor circuits are 
generally listed under the 
heading 'Missing Link’ at the 
earliest opportunity. 
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Since a 'local' radio does 
not require extreme 
sensitivity or image 
rejection, the design can 
be kept simple and no 
alignment is required. 


Transfer characteristics 
of the dynamic range 
compressor for the three 
different positions of SI . 


A practical 1C power 
supply suitable for use in 
equipment or as a 
laboratory supply need 
not be much larger than 
the heatsink. 


As many electronics 
enthusiasts will have 
heard from the 
uninitiated: 'I don't 
know what it is, but it 
looks pretty'. 


selektor 2-08 

missing link 2-10 

coming soon 2-10 

'local' radio 2-12 

This simple FM receiver is designed to pick up the local VHF 
radio stations and makes an ideal 'second set' for use in the 
kitchen, bedroom, workshop or garage. The circuit is very 
simple to build and requires no alignment. 

sawtooth generator 2-17 

Sawtooth signals can be useful for test purposes. This simple 
circuit will generate a sawtooth over the range 50 mHz to 
50 kHz. 

hi-fi dynamic range compressor 2-18 

The dynamic range compressor provides truly high fidelity 
performance. It can accept nominal signal levels from 600 pV 
to 2.2 V and is thus suitable for use with microphones as well 
as higher output circuits such as audio preamps. The 
harmonic distortion is below 0.3% and the decay of the 


compressor can be adjusted to suit different types of pro- 
gramme material. 


ic power supply 2-26 

Three terminal. IC. fixed voltage regulators are now common- 
place. and most readers will be familiar with the LM309 and 
similar devices. Now an IC regulator is available that com- 
bines the convenience of the three terminal device with the 
versatility of a variable voltage regulator. 

mini-phase — R. Otterwell 2-31 

The mini-phase is a low-cost, simple but effective phasing 
unit for the musician. 

elektorscope (3) 2-32 


In the final part of this article the channel-switching logic and 
the motherboard are described. The latter provides the inter- 
connections between, and power supplies to, the timebase 
and Y preamps boards. General constructional details are 
given, with testing and calibration procedures. 


emitter follower with current source 2-44 

16 channel taps 2-44 

Two designs for Touch Activated Programme switches 
(TAPs) having 16 positions. 

mind-bender — K. v. Dellen 2-47 


Essentially, Mastermind is a game for one player and a 
dummy. For this reason, several people have designed elec- 
tronic versions of the game. One of the simplest versions is 
described here, requiring 'only' some 40 TTL IC's. For the 
keen Mastermind player, this minor drawback is offset by 
the fact that it provides him with an opponent who doesn't 
get impatient if he takes too long over a move. 


TBA120T 2-50 

market 2-52 
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'local' radio 


'LUlmL' 


This simple FM receiver is designed to pick up 
the local VHF radio stations and makes an ideal 
'second set' for use in the kitchen, bedroom, 
workshop or garage. Father may be tempted 
to build it for the kids to prevent them 
monopolising the Hi-Fi receiver! The circuit is 
very simple to build and requires no alignment. 


LLhhl 


The section of an FM tuner that pre- 
sents most problems to the home 
constructor is generally the front-end. 
High performance front-ends require 
complicated alignment procedures that 
the average constructor does not have 
the equipment to carry out. However, 
since this receiver is intended to pick up 
only local radio stations such a high 
performance circuit is not required. 
Figure 1 shows the circuit of the front 
end. The r.f. input stage is a grounded 
base transistor and it can be seen that 
the r.f. stage is broadly tuned using 
fixed inductors and capacitors. No 
variable tuning is incorporated in the 
r.f. stages and the only variable tuning 
is performed by varicap diode Dl. 
which varies the frequency of the self- 
oscillating mixer T2. 


i.f. amplifier 

Most of the selectivity in the receiver 
is provided in the i.f. amplifier (figure 2). 
The 10.7 MHz output of the front-end 
feeds into a ceramic filter which pro- 
vides the selectivity and T1 amplifies 
the signal to a level suitable for feeding 
into the i.f. amplifier and demodulator 
IC, which is the T* version of the well- 
known TBA120. The ceramic i.f. filter 
of course needs no alignment, and 
adjustment of the demodulator is 
eliminated by using a ceramic phase 
shifter instead of the more usual 
quadrature coil. PI is the volume 
control. 

a.f. amplifier 

The ‘no adjustment' principle is ex- 
tended even to the a.f. amplifier, which 


operates with zero quiescent current 
in the output devices and hence needs 
no provision for setting quiescent 
current! Even so the distortion level is 
quite adequate for a radio with its own 
small built-in speaker. The circuit is 
given in figure 3. T1 and T2 operate 
as voltage amplifiers and T3 as an 
emitter-follower driver for the comp- 
lementary output stage T4/T5. , 

100% d.c. negative feedback is provided I 
via R8 to set the quiescent output volt- I 
age at T4 emitter to half supply, and the j 
a.c. gain is set by R8 and R7. Part of 
the output signal comes, not from the 
output transistors but via RIO, and at 
low signal levels this helps to ‘smooth 
out’ the discontinuity in the transfer 
characteristic caused by the lack of 
quiescent current in T4 and T5. The 
loudspeaker, R! I and RIO also provide 
the bias voltages for the driver and out- 
put stages, so there is a small d.c. volt- 
age across the loudspeaker. However, I 
this is only a few millivolts and will 
not affect the performance nor damage 
the speaker. 

It will be noted that R4 and C2 form a 
low pass filter, which rolls off the 
amplifier response above about 3.5 kHz. 
This is intended to moderate the harsh 
tone typical of small loudspeakers and 
provide a more ‘mellow' sound. Such I 
a low turnover frequency may seem a I 
bit drastic, but this was found to give 
the best sound with the loudspeaker 
used. However, there is no harm in I 
experimenting with smaller values of C2 I 
to obtain the most pleasing tone with I 
the particular loudspeaker used. Indeed, I 
the more ambitious constructor may I 
like to add a ‘period’ touch to the I 
receiver by having three different values I 
of C2 and a switch labelled ‘speech’, I 
‘music’ and ‘mellow’. 

Power supply 

Last but not least is the power supply, | 
which uses the ubiquitous 723 regulator I 
IC with an external power transistor. I 
This type of circuit has previously been I 
described in Elektor and requires little j 
explanation. The current limit is set to J 
about 600 mA by R2. 







Construction 

Printed circuit boards and component 
layouts for the front-end, i.f. amplifier, 
a.f. amplifier and power supply are 
given in figures 5 to 8 respectively. The 
large number of inductors in the front- 
end may seem to be a problem, but 
these can be obtained ready-wound 
from suppliers who advertise in Elektor. 
The circuit is built on four separate 
boards so that the individual sections 
could, if required, be used in other 
projects. In particular the power supply 
and a.f. amplifier are very useful units in 
their own right. It will be noted that 
provision is made for replacing P 1 by a 
preset mounted on the i.f. amplifier 
board for applications not requiring a 
front panel gain control. 

Figure 9 shows the complete wiring 
diagram of the receiver. To avoid hum. 
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interference or instability problems this 
should be carefully followed. The front- 
end should be mounted in a metal box 
for screening purposes and the aerial 
should be connected to the front-end by 
the shortest possible length of 75J2 coax. 
The only connections to chassis and 
hence to mains earth should be at the 
input to the front-end. to the screening 
box. at the input of the i f. amplifier, 
and to the mains transformer screen 
connection if provided. C4 and C5 in 
the power supply are optional. If hum 
problems occur due to switching spikes 
caused by 1)4 - D7 then C4 and C5 can 
be mounted across D5 and D6 on the 
back of the p.c. board. 

Before making the connections to the 
output of l he power supply the output 
voltage should be cheeked to ensure 
that it is approximately correct. This 
will avoid any possibility of damage to 
the rest of the circuit. The supply may 
then be connected and the test point 
voltages on the a.f. amplifier measured. 
Assuming these are correct it should be 
possible to tune in stations by adjusting 
the tuning pot. It is perhaps worth 
noting at this point that the tuning pot. 
should be a good quality component, 
otherwise noise may be generated when 
it is rotated, making tuning difficult. If 
a slight crackle does occur then it may 
be reduced by decoupling the slider of 
the tuning pot. with a Ip5 capacitor to 
the 0 V rail, though this will make the 
tuning voltage sluggish in following the 
movements of the pot. 

Performance 

The performance of such a simple 
design cannot be expected to be revol- 
utionary. Nevertheless the sensitivity for 
a 26 dB signal-to-noise ratio is only 
10/jV, which is quite adequate for the 
intended application. Due to the lack of 
selectivity in the front-end the image 
rejection is not very high, being about 
15 dB. 
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Sawtooth signals can be useful for test purposes 
in audio and other circuits, but few signal 
generators (except expensive ones) provide a 
sawtooth output. This simple circuit will 
generate a sawtooth over the range 50 mHz to 
50 kHz. 


The simple generator described in this 
article will generate a linear repetitive 
ramp (sawtooth) waveform from sub- 
■ sonic to ultrasonic frequencies. The 
circuit, shown in figure 1 , uses only five 
transistors and few other components. 

T1 is connected as a constant current 
source and since T5/T4 present a high 
input impedance almost all this current 
flows into C x , charging it so that the 
voltage across C x rises linearly. The base 
I voltage of T2 is set to about 9.9 volts by 
R3 and R4, so T2 and T3 are normally 
turned off. When the voltage across C x 
(and hence on the emitter of T2) rises 
to about 10.5 V T2 turns on. Positive 
feedback from the collector of T2 to 
the base of T3 turns on T3 and positive 
feedback from the collector of T3 keeps 
T2 turned on. C x rapidly discharges 
• through T2 and T3, these transistors 
turn off and the cycle repeats. The com- 
pound emitter follower T5/T4 buffers 
the output and the output voltage may 
be adjusted by P2. PI varies the 
charging current into C x and hence 
provides fine control of the repetition 
frequency. 

, Since R3 and R4 determine the voltage 
at which T2 turns on they may be 
altered to set the maximum output 
I voltage of the generator. The maximum 
output is given by : 

Vout max = V supply X R " 

R3 + R4 

I From this it is apparent that the output 
I voltage is also dependent on supply 
I voltage, so this should be stabilised to 
I avoid output voltage variations. 


Figure 1. Circuit of the sawtooth generator. 
Table 1. Values of C„ for six frequency ranges. 


Vc x max • <-x 

Vf 

Where Vf is a diode forward voltage 
drop (about 600 mV). 

The value of PI may, of course, be 
varied between zero and 10 k. PI can, 
however, vary the frequency only over 
a 1 0: 1 range, so to obtain a wider range 
different values of C x must be switched 
in. Table 1 gives values of C x for six 
decade frequency ranges from 50 mHz 
to 50 kHz. However it should be noted 
that on the lowest frequency range 
(where C x must be an electrolytic) the 
frequency range covered may deviate 
from that given due to the large loler- 
ance of electrolytic capacitors. H 


100,i/16 V 
IO/i/16 V 
1 p/16 V 
100 n 
10 n 
1 n 



T1.T2.T4 = BC 557B , BC 1 5 7 B 
T3.T5=BC547B, BC107 B 
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Several designs for dynamic range compressors 
have previously been published in Elektor, but 
this is the first design that provides truly 
high-fidelity performance. It can accept nominal 
signal levels from 600 mV to 2.2 V and is thus 
suitable for use with microphones as well as 
higher output circuits such as audio preamps. 
The harmonic distortion is below 0.3% and the 
decay of the compressor can be adjusted to suit 
different types of programme material. 


Dynamic range compressors find many 
applications. The recording industry 
would be unable to make a single disc 
without some method of compressing 
the dynamic range of the programme. 
The reasons for this are fairly obvious. 
The dynamic range of live music, from 
the softest ppp of the piccolo to the 
loudest fff of the bass drum can be in 
excess of 80 dB. However, even the best 
recording media have a usable dynamic 
range of only 60 dB or so. The smallest 
signal level that can be recorded on tape 
is limited by tape noise, while the 
largest signal level is limited by tape 
saturation. In the case of disc the 
lowest signal level is limited by surface 
noise and the highest signal level is 
limited by the tracking ability of 
the cartridge. 

At the other end of the recording chain 
compressors are very useful in disco- 
theques to compress the dynamic range 
of the recording still further and so 
maintain a fairly high average signal that 
can be heard above the background 
noise (of people conversing in shouts) 
without the danger of the equipment 
overloading on peaks. Compressors can 
also be used in home-tape recording, 
public-address systems and by radio 
amateurs, to name but a few appli- 
cations. 


Principles of compressors 

Although most compressors operate 
according to the same broad principles 
the compression characteristics may 
vary widely depending upon the 
intended application. For example, the 
‘limiters' found in some tape recorders 
do very little at all to the signal until the 
signal level approaches tape saturation, 
but they then operate in a very heavy- 
handed manner to ensure that the signal 
does not exceed tape saturation level. 
Compressors intended for P.A. systems, 
on the other hand, begin to operate at a 
very low signal level to try to maintain a 
fairly constant signal level for maximum 
intelligibility. The only real difference 
between these two types is the 
threshold level at which they begin to 
operate. 

Compressors with pretensions to high- 
fidelity, on the other hand, apply com- 
pression over the entire dynamic range 
of the signal, rather than simply 
clamping all signals which exceed a 
certain level. 

However, these systems all have several 
things in common. Figure 1 shows a 
block diagram of a generalised com- 
pression system. The input signal passes 
through a voltage (or current) con- 
trolled attenuator followed by an am- 



| plifier. The amplified output is rectified, 
DC amplified and used to control the 
attenuator. Thus, as the input signal 
increases so will the control voltage 
applied to the attenuator and hence the 
degree of attenuation, so that, instead 
of the output increasing in a linear 
fashion proportional to the input, the 
increase in the output signal becomes 
smaller as the input signal increases. 
Of course, the control voltage applied to 
the attenuator must not be the ‘raw’ 
output of the rectifier, since the attenu- 
ation would then vary during each cycle 
of the signal waveform, leading to gross 
distortion. The output of the rectifier 
must be ‘smoothed’ to give a control 
voltage that will follow the envelope of 
the waveform, but not each individual 
cycle. 

This inevitably leads to compromises in 
the design. If the control voltage has a 
long time constant then the compressor 
will be unable to respond to sudden 
changes in signal level, while if it is too 
short the signal will be distorted, es- 
pecially at low frequencies. Fortunately 
an interesting psychoacoustic effect can 
| be used to advantage. The ear is insensi- 
tive to distortion during sudden 
increases in signal level, so the attack 
time constant of the control voltage can 
be made fairly short. This can be im- 
portant in preventing equipment over- 
loads. The decay time constant however, 
| must be relatively long to prevent the 
control voltage following the signal 
waveform, and this of course means that, 
, should the signal level suddenly decrease, 
it will be some time before the attenu- 
ation is reduced, causing intervals when 
the signal may be much too quiet. 
I In the present design this problem is 
! reduced by providing three different 
decay time constants; a short (120 ms) 


3a 




compressor. 

Figure 2a. Basic current-controlled diode 

Figure 2b. Bridge type diode attenuator with 
differential signal input and output to reject 
the common-mode control voltage. 

Figure 3a. Forward transfer characteristic of a 
germanium diode. 

Figure 3b. Forward transfer characteristic of a 
silicon diode. 


'Sa 



time constant suitable for speech, where 
signal levels fluctuate rapidly and 
dislortion is less important than intelli- 
gibility; a medium time constant 
(600 ms) suitable for mixed (speech and 
music) programmes, and a long (3 sec) 
time constant for music, where distor- 
tion is more important than the oc- 
casional quiet passage. 

Controlled Attenuator 

Many non-linear devices could be used 
as the control elements in the attenu- 
ator. for example field effect transistors, 
voltage dependent resistors or light 
dependent resistors, but one of the 
cheapest and most effective solutions is 
an attenuator using silicon or ger- 
manium diodes. 

The forward conduction characteristics 
of a germanium and a silicon diode are 
shown in figures 3a and 3b respectively. 
It will be seen that the dynamic resist- 
ance of a diode AV , decreases as the 

AT 

current through the diode increases. 
This can be put to use in an attenuator 
as shown in figure 2a. The diode forms 
the lower limb of a potential divider and 
is fed by a current source I r . A current 
source is used since it has an infinite 
output impedance and cannot, of itself, 
attenuate the signal. If the control 
current through the diode is increased 
the diode resistance will fall and the 
attenuation of the signal will increase. 
This simple circuit has several disadvan- 
tages. Firstly, the control current, as 
well as varying the dynamic resistance 
of the diode, also causes a voltage drop 
which is superimposed on the signal. 
Changes in this voltage as the control 
current varies can give rise to clicks and 
thumps. This problem can be overcome 
by arranging four diodes in a bridge 
configuration as shown in figure 2b. The 
signal is applied differentially and is 
amplified by the differential amplifier at 
the output of the attenuator, but the 
voltage produced by the control current 
appears in common mode at each of the 
differential amplifier inputs, and is thus 
rejected. 

The second problem with the diode 
attenuator is that the signal voltage 
causes a current to flow through the 
diode, which varies the dynamic resist- 




ance and hence the attenuation. This 
can lead to distortion. The solution is to 
make the signal voltage across the diode 
small compared to the total voltage 
drop across the diode, but here a 
compromise must be struck between 
distortion and signal-to-noise ratio, 
which is determined by the noise gener- 
ated by the diodes. On the one hand, 
the signal voltage cannot be reduced 
without degrading the signal-to-noise 
ratio, while on the other hand, increas- 
ing the control current increases the 
diode noise, which also degrades the 
signal-to-noise ratio. 

As a final note on the controlled at- 
tenuator, germanium diodes are to be 
preferred to silicon in this application. 
The only usable portion of the forward 
conduction curve is that part where it 
actually is curved. The initial portion of 
the curve where the diode does not 
conduct cannot be used, nor can the 
later portion where the curve becomes a 
straight line, since the dynamic resist- 
ance is then constant. It can be seen 
that a much larger portion of the curve 
can be used in the case of a germanium 
diode, which makes setting up of the 
attenuator much easier and also gives it 
a more favourable characteristic. 
Practical circuit 

The main parts of the circuit shown in 


the block diagram and discussed earlier 
can be seen fairly easily in the circuit of 
figure 4. Transistor T1 functions as a 
phase splitter and the antiphase signals 
from its emitter and collector are fed to 
the controlled attenuator comprising 
R8, R9 and the diode bridge D1 to D4. 
To ensure symmetrical operation of the 
attenuator and good control signal 
rejection diodes D1/D3 and D2/D4 
should be matched pairs. 

The output of the attenuator is taken 
from the cathodes of D2 and D4 and is 
fed to the differential amplifier 
consisting of T3 and T4. The control 
current from point X is fed to the 
anodes of D2 and D4 and since the 
voltages caused by it appear in equal 
amplitude and phase at the attenuator 
outputs they are not amplified by T3 
and T4. 

The signal at the collector of T4 is then 
fed into an amplifier (Vi IC1) which has 
three switched gains of 2, 11 and 102 to 
suit different input signal levels. The 
compressed output is taken from the 
output of this amplifier via R22 and 
Cl 1 . 

The rectifier that produces the control 
signal operates in a somewhat unusual 
manner. The output of 1C1 is fed into 
yet another phase splitter T5. The 
antiphase outputs from the emitter and 
collector are fed into two emitter 


followers T6 and T7. These are operated I 
with zero base bias and so only conduct I 
on the positive half-cycle of the I 
waveform fed to them, i.e. they both I 
operate as half wave rectifiers, but since I 
they are fed with antiphase signals a I 
full-wave rectified version of the signal I 
appears at the junction of their emitters. I 
The output from T6 and T7 is used to I 
charge C14 via R27 and D7. The attack I 
time constant of the compressor is thus I 
approximately R27xC14. Three decay I 
time constants can be provided by 1 
switching in R29, R30 or R31. The , 
voltage on C14 is used to control a ' 
current source T8/T9, which feeds a 
control current into the diode bridge via 1 
points X and Y. The connection between I 
these points may be broken to open I 
the feedback loop for test purposes. 

If continuous adjustment of gain and 
decay time is required it is quite per- 
missible to replace SI, S2 and their I 
associated resistors by potentiometers. I 
To replace R19 to R21 a 220k potentio- I 
meter should be used in series with a I 
2k2 resistor to limit its control range. In I 
place of R29 to R31 a 220k potentio- I 
meter should again be used, but a 390k I 
resistor should be connected in parallel 
with it to limit the maximum resistance 
to 150k. A 6k8 resistor should be 
connected in series with this combi- 
nation to limit the control range and 
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Figure 4. The complete circuit of one channel 
of the dynamic range compressor. 

Figure 5. Transfer characterisitc of the 
compressor for the three different positions 


also to avoid overloading the rectifier 
output. 

Test Results 

Figures 5a to 5c illustrate the transfer 
characteristic of the compressor with S 1 
in the low, medium and high gain 
positions respectively. The signal levels 
are plotted in dB relative to OdB = 1 volt. 
It can be seen that the position of S2 
has a very slight effect on the transfer 
characteristic. This is caused by the 
different loading of the rectifier. 

Figures 6a to 6c show the frequency 
response of the compressor with SI in 
its three different positions. Here the 
gain in dB at the input levels specified 
is plotted against frequency on a logar- 
ithmic scale. It will be noted that the 
gain with SI in position C is rolled off 
below about 200 Hz by the increasing 
impedance of CIO. This setting of SI is 
intended principally for microphone 
inputs for speech use. Rolling off the 
gain at low frequencies does not impair 
intelligibility, but it does help to mini- 
mise hum pickup, flicker noise from T1 , 
and thumps and rumbles caused by 
handling the microphone. 

The final tests performed on the 
compressor were the measurement of 
decay with S2 in its three different 
positions. This is shown in figures 7a to 
7c. The test method used was to feed a 
low level signal into the compressor, 
with bursts of a much higher amplitude 
superimposed upon it. In each case the 
input signal is the lower trace of the 
oscillogram. 

In figure 7a it can be seen that the 
output signal level rises quickly at the 
start of the tone burst. This is due to 
the delay in the operation of the 
compressor caused by the attack time 
constant. As C14 charges, however, the 
amplitude is quickly controlled. At the 
end of the tone burst the amplitude of 
the output signal falls below what it was 
before the tone burst, then slowly 
recovers. In fact, comparing figure 7a 
with figures 7b and c it can be seen that 
it does not regain its original level 
before the next tone burst arrives. In 
figures 7b and 7c it can be seen that the 
signal recovers its original amplitude 
much more rapidly due to the shorter 
decay time constant. Figure 7c shows 
the whole sequence particularly well; 
the initial amplitude of the output 
before the tone burst, then the over- 
shoot at the start of the toneburst, 
quickly controlled; the drop in ampli- 
tude at the end of the tone burst and 
finally recovery to the original output 
level. 
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Distortion figures 

Because of the many variables involved, 
such as decay time constant, input 
signal level and frequency, it is difficult 
to give comprehensive results for distor- 
tion. Obviously, higher distortion 
figures are to be expected at higher 
input levels due to interaction of the 
signal with the control current through 
the attenuator. Distortion might also be 
expected to be worse at lower fre- 
quencies and/or faster decay time 
constants. 

However, to give a typical example, 
with SI in position B and with the 
nominal input level of 50mV the 
harmonic distrotion was less than 0.3% 
over most of the audio spectrum. To 
give a worst case example, with SI in 
position C (maximum gain) and an 
input level of 500 mV (40 dB greater 
than the nominal input level), the 
distortion was still less than 1%. This 
compares very favourably with commer- 
cially available compressors, which 
often introduce up to 10% distortion. 


Construction 

Since the compressor is intended for 
high-fidelity applications (which almost 
invariably means stereo) a two-channel 
board layout was designed. This also 
facilitates some interesting applications, 
which will be discussed later. The 
printed circuit board and component 
layout are given in figures 8 and 9. If 
the unit is to be used for straight- 
forward stereo recording or repro- 
duction then SI and S2 should be 
double-pole three-way types. Otherwise 
refer to the section headed applications. 
Apart from this construction of the 
printed circuit board is extremely 
simple. Wiring of the unit into an audio 
system should conform to normal audio 
practice, with screened leads being used 
for inputs, outputs and connections to 
switches. Care should be taken to avoid 
earth loops, and the inputs of the 
compressor should be kept well away 
from mains transformers and/or the 
outputs of power amplifiers. 

Applications 

The provision of a link on the board 
between points X and Y, as well as 
being a break point in the feedback loop 
for test purposes, also makes possible 
some interesting applications. One 
example is a voice operated fader, 
shown in figure 1 0. 

One channel of the compressor is fed 
from a microphone, the other from a 
music source such as disc or tape. The 
control output of the microphone 
channel is fed to the controlled attenu- 
ator input of the music channel, so that 
as soon as someone speaks into the 
microphone the level of the music is 
lowered - very useful for disc jockeys. 
For this application separate switches 
are required for SI in each channel, 
since SI will be set to maximum gain 
for the mic channel, but will be in either 
the medium or low gain position in the 
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Figure 8 and 
component 
compressor. 


ire 10. By linking tl 
channel to the att 
ir channel the compr 
e operated fader. 


Figure 11. For stereo operatia 
circuits of both channels shoul 
avoid shifts of the stereo image. 




required in the music channel. 

Many variations on this theme can be 
constructed, limited only by the 
ingenuity of the reader. For example, 
the system could be extended so that 
the microphone could fade several 
channels. The link between points X 
and Y in the microphone channel could 
be omitted so that this channel func- 
tioned simply as a microphone preamp, 
while the link between points X and Y 
in the music channel could be included, 
so that the compressor would be 
controlled either by the microphone or 
by the music signal. 


Stereo Use 

For stereo use it is important that 
points X and Y in both channels should 
be linked as shown in figure 1 1 so that 
the compressors operate 'in unison’. If 
the two channels are not linked in this 
manner some disturbing shifts of the 
stereo image may occur. For example, 
consider an orchestra arranged around a 
stage with a soloist centre. 

While the left and right-hand sections of 
the orchestra were playing at about the 


including the soloist. The image of the 
soloist would thus shift to the right, 
giving the impression that he or she was 
roller skating around the stage. With the 
control circuits linked a change in signal 
level in one channel will vary the attenu- 
ation of both channels, and the stereo 
image will be unaffected. K 


same level no problem would occur. 
The solo would emanate equally from 
both loudspeakers and would thus 
appear central. 

If, however, a crescendo occured in the 
left-hand section of the orchestra then 
the left-hand compressor would operate, 
compressing all the left channel signal 
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Three terminal, IC, fixed voltage regulators are 
now commonplace, and most readers will be 
familiar with the LM309 and similar devices. 
Now an IC regulator is available that combines 
the convenience of the three terminal device 
with the versatility of a variable voltage 
regulator. 


The LM317 from National Semi- 
conductor is available in the familiar 
TO- 3 or TO-5 packages, the two versions 
being suffixed 'K' and 'H’ respectively. 
The pinout of the ICs is given in figure 1 . 
Unlike the more familiar fixed voltage 
regulators one pin is not connected to 
ground. The LM317 operates on the 
floating regulator principle and pin 1 
carries a control voltage that sets the 
output potential. 

Since no part of the IC is connected to 
ground it is possible for the LM317 to 
regulate quite high voltages, provided 
the maximum input-output differential 
of the 1C is not exceeded. 

The absolute maximum ratings and 
principal electrical characteristics of the 
LM3I7 (and extended temperature 
range versions LMI 17 and LM217) are 
given in Table 1 . Of particular interest 
are the high output current (typically 
2.2 A for the 10-3 package) and the 
ripple rejection of 65 dB, which may be 


improved to 80 dB as will be discussed 
later. 

Figure 2 shows the basic applications 
circuit for the LM317. Resistors R1 and 
R2 set the reference voltage at the 
control node pin 1 and hence the 
output voltage. A reference voltage of 
approximately 1 .25 V is available 
between pins 3 and 1 . This produces a 
constant current that flows through R1 
and hence through R2. However, a 
leakage current of approximately 
100 fzA flows out of pin 1 through R2, 
so that the output voltage is given by 
the equation 

- v out = v ref (I + ) + Il_Rj 

In practice the minimuni load current 
at which the LM317 will regulate is 
about 4 mA, At load currents lower 
than this the output voltage will rise 
above the desired value. This means 
that R1 should be 270£2 or less to 


2 



ensure a load current greater than 4 mA. 
The 100 /jA leakage current then 
amounts to less than 2% of this and can 
be neglected. 

R2 may then be calculated from the 
equation: 

R: = (Vout- Vref) Rt , 

Vref. 

e.g. (V ou t— 1 25) 270 
1.25 

Of course, the value of the output 
voltage may not be exactly that calcu- 
lated due to the tolerance of the 
reference voltage and if a precise output 
voltage is required then it will be I 
necessary to make R2 adjustable. The I 
performance of the regulator may be 
improved by the addition of a few more 
external components, as shown in j 
figure 3. If the regulator is not mounted 
close to the reservoir capacitor then a 1 /j 
tantalum decoupling capacitor may be I 
required between pin 2 and ground, 
mounted close to the IC. The ripple 1 
rejection may be increased up to 80 dB , 
by a 10 n tantalum capacitor between 
pin 1 and ground, decoupling the 
control voltage. Its effect is shown in 
figures 4 and 5. A small decoupling 
capacitor may also be added at the 
output. 

Figure 6 shows the response of the 
circuit to a line transient with (dotted) 
and without the decoupling capacitors. 

It can be seen that when decoupling 
capacitors are used the transient is much 
better controlled. 


Protection Diodes 

If a short-circuit occurred on the input 
or output it would be possible for C2 
and C3 to discharge through the IC, 
causing damage. Diodes D1 and D2 
provide a path for the capacitors to 
discharges harmlessly to ground in the 
event of such a short-circuit. 


Variations on a theme 

Provision of a control pin on the LM317 
provides some interesting possibilities 
for variations on the basic regulator 





Figure 1. Pinout of the LM317H and 
LM317K 

Figure 2. Showing how the output voltage of 
the LM317 can be set with two resistors. 

Table 1. Absolute maximum ratings and 
electrical specifications of the LM317. 


circuit. For instance, remote shutdown 
can be achieved by connecting an NPN 
transistor between the control pin and 
ground, as shown in figure 7. Turning 
on the transistor grounds the control 
input, lowering the output voltage to a 
little above V re f. If a power supply with 
a slow switch-on risetime is required 
then this may be accomplished as shown 


la 


Table 1 

absolute maximum ratings 

Power Dissipation 
Input-Output Voltage Differential 
Operating Junction Temperature Range 
LM117 
LM217 
LM317 

Storage Temperature 

Lead Temperature (Soldering, 10 seconds) 


in figure 8. When the power is applied 
C2 charges through the base-emitter 
junction of Tl, turning on this transis- 
tor. which grounds the control pin. As 
C2 charges the current through Tl 
diminishes and the output voltage 
slowly rises. 

Another interesting possibility is to use 
the IC as a current source. If a resistor is 


Internally limited 
40 V 

— 55"C to + 1 50" C 
-25° C to + 1 50° C 
0“C to + 1 25° C 
-65° C to + 150°C 
300° C 


lb 

electrical characteristics (Note i) , . 

Parameter 

Conditions 

LM1 17/217 

LM317 

units 

min 

«yp 

max 

min 

typ 

max 



T A = 25° C, 3V < Vj n -Vout < 40V 


0.01 

0.02 


0.01 




(Note 2) 









T a = 25' C, 10mA< l out < l ma x 









V ou t < 5V. (Note 2) 







mV 




0.1 

0.3 





Adjustment Pin Current 



50 

100 


50 



Adjustment Pin Current Change 

10 mA II < lmax 









2.5V < (V in -V ou ,l < 40V 








Reference Voltage 

3 < (V in -V 0 ut> < 40V, (Note 3) 

1 2( 

1.25 

1.30 




V 











3V < Vj n -V out < 40V, (Note 2) 


0.02 







10 mA « l out « lmax. 'Note 2) 












50 




mV 


Vout=* 5V 


0.3 

> 


0.3 

1.5 

% 

Temperature Stability 



1 



’ 



Minimum Load Current 

Vjn-Vout = 40 V 







mA 


Vin-Vout < 15v 









K Package 

1.5 

2.2 


1.5 



A 


H Package 

0.5 

0.8 







Vin-Vout * 40V 









K Package 


0.4 







H Package 


0.07 






RMS Output Noise, % of V OUI 

T a = 25' C. 10 Hz «; f < 10 kHz 


0.003 





% 


V ou t = 10V, f - 120 Hz 


65 



65 





66 

80 






Long-Term Stability 

T A = 125°C 



1 



1 


Thermal Resistance, 










H Package 









K Package 


2.3 

3 






these specifications apply -55°C < Tj < 

1 50°C 

or the LM117. — 25°C < Tj < 

1 50°C 

for the LM217 and 0°C < T: 

<+ 125'C (or the LM317. V in -V 0 

, = 5V and l c 

u t “ 0. 


the TO-5 package and 

= 0.5A for the TO-package and TO-220 package. Although power dissipation is 

nternally lirr 

ited, these specifications 

are applicable for power dissipations of 2W for the TO-5 and 20W for 

he TO-3 and TO-220. 

'max 


TO-220 package and 0.5A for the TO-5 package. 








Note 2: Regulation is measured 

constant junction temperature. Changes in 

output voltage 

ue t 

heating effects 

must be 

taken into account separately. Pulse testing with low duty cycle is used. 








Note 3: Selected devices with clo 

1 

e tolerance reference voltage available. 










Figure 7. Remote shutdown of the regulator 
using an NPN transistor. 


Figure 8. Slow-rise power supply. 


ing the LM317, 


Photo 1 
LM317. 


laboratory power supply 
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connected between pins 3 and 5 then a I 
current V re f 
R 

flows through it. If a load is connected 
between pin 1 and ground then 
i neglecting the leakage current from 
pin 1) the same current must flow 
through the load. This configuration is 
shown in figure 9. 


A practical power supply 

The circuit of a practical power supply 
suitable for use in equipment or as a 
laboratory supply is given in figure 10. 
This will provide voltages from 1 .2-25V. 
It is possible to vary the output voltage 
continuously over this range using a 
single input voltage of 36V, but at low 


output voltages most of this would be 
dropped across the IC, and if large 
currents were being drawn the internal 
power limiting circuits of the IC could 
operate, shutting down the circuit. For 
this reason a transformer with three 
secondary taps is used, for maximum 
output voltages of approximately 8, 
15 and 25 volts respectively. With PI at 
its maximum setting Rx is varied to set 
the maximum output voltage to 25 V. It 
is important to realise that, while PI 
varies the output voltage over the entire 
range 1.2 to 25 V S2 must be set to the 
appropriate position for the desired 
output voltage. For example, it is no use 
having PI turned to the 25 V setting 
with S2 in the 8 V position. The IC will 
simply cease to regulate and a large 
amount of ripple will appear at the 
output. For fixed voltage applications 
Rx may be replaced by a resistor and PI 
may be omitted. 

It may seem strange that the ammeter 
to monitor the output current is shown 
connected on the input side of the 
circuit, since it will register the current 
through R1 and R2 even when the 
output current is zero. However, this 
current is less than 1% of full scale 
current, so it will hardly be noticeable 
on the meter, and placing the ammeter 
on the input side means that its resist- 
ance does not increase the output 
impedance of the supply, which would 
spoil the regulation. 








potentiometer. 


Capacitors: 

Cl » 4700 p 35 
C2 = 220 n 
C3 - 47 m 35 V 
C4 - 2m2 35 V 


Semiconductors: 

D1 ,02 = 1N4002 
D3 * LED 
IC= LM317K 
B = Bridge rectifier 40 


Miscellaneous: 

T = transformer with 0-8-16-24 
2A secondary. 

SI = SPST 250 V 1 A switch 


Construction 

A printed circuit board and component 
layout for the 1C power supply are 
shown in figures 11 and 12. Photo- 
graph 1 shows the front panel of one of 
these units built as a laboratory power 
supply, while photograph 2 shows a 
version for use in a piece of equipment. 
The p.c. board is mounted direct on the 
back of the heatsink and the ammeter 
and voltmeter are dispensed with in this 
instance. M 
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The mini phase is a low-cost, simple but 
effective phasing unit for the musician. 
It incorporates a preamplifier to enable 
it to be used with a wide variety of 
inputs such as guitar, microphone, 
electronic organ and synthesiser. 

The preamplifier consists of T1 and its 
associated components. Since no gain 
can be provided by the phase shift 
circuits this provides the only gain in 
the unit. PI acts as a gain control and if 
this control is advanced then (depending 
on the input signal level) clipping may 
occur. This increases the harmonic 
content of the input signal and enhances 
the phasing effect, which can be desir- 
able on occasion. 

At the output from PI the signal is split. 
A portion is fed direct to P3 and a 
portion to P3 via the phase shifter. The 
phase shifter comprises two phase 
splitters T2 and T3. These have equal 
emitter and collector resistors so that 
the signals appearing at the emitter and 
collector have the same amplitude but 
are inverted with respect to one another. 
The phase of the signal at the junction 
of C4/P2A and C6/P2B may be varied 
by adjusting PI. Each stage can intro- 


duce a phase shift from a few degrees to 
almost 180°, or 360° in all. 

T4 is connected as an emitter follower, 
providing a high input impedance to 
buffer the output of the second phase- 
shift network, and a low output im- 
pedance. The signal is fed from the 
emitter of T4, via C7, to one end of P3. 
The direct (non-phase-shifted) signal is 
fed to the other end. P3 acts as a 



‘balance’ control between these two 
signals, and varying P3 alters the 
proportion of direct to phase-shifted 
signal. P3 may be adjusted so that, when 
180° phase-shift occurs, the direct and 
phase-shifted signals cancel each other. 

Construction 

If the unit is to be used with a portable 
instrument such as a guitar or small syn- 
thesiser then it is probably best to 
mount it in a small box with a ‘swell 
pedal' arrangement, linked to P2,on top. 
If used with a larger instrument such as 
an organ then it could possibly be built 
in. The current consumption of the unit 
is only a few milliamps and can be 
supplied by a PP3 or PP6 battery. 
Alternatively power may be derived 
from the other equipment with which it 
is used. H 
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In the final part of this article the channel- 
switching logic and the motherboard are 
described. The latter provides the inter- 
connections between, and power supplies to, the 
timebase and Y preamp boards. General 
constructional details are given, with testing and 
calibration procedures. 


The channel-switching logic is mounted 
on the same p.c. board as the timebase 
and trigger circuits, but the description 
of this circuit was left until after the 
discussion of the electronic switches on 
the Y preamp boards, so that its func- 
tion could better be understood. 

The circuit of the channel-switching 
logic is shown in figure 1 . The chopper 
oscillator consists of a Schmitt trigger, 
Nl, connected as an astable multi- 


vibrator. It will oscillate only when Sib 
is open (chop mode selected), and 
inputs Y1 and Y2 are high, which 
occurs when S6 is in the Y1/Y2 pos- 
ition. Sib is the second bank of the 
timebase range switch. It remains open 
on timebase ranges between 100 ms/cm 
and 1 ms/cm but from 300 /js/cm 
upwards it is closed and the channel- 
switching goes into the ‘alt’ mode. 

It will be noted that S6 is shown twice 


elek torscope (3) 

in figure 1. This is not an error. Each 

Y preamp has a switch designated S6 
mounted on its front panel. In the case 
of the Yl preamp this switch selects the 
channel mode (Yl, Y2 or Yl and Y2), 
while on the Y2 preamp it selects either 
a normal or inverted trace. Since the 
switch connections are brought out to 
the same edge connector pins on both 

Y preamps, transposing the positions 
of the Y preamps in the motherboard | 
will reverse the functions of these 
switches. The switch mounted on the l 
Y2 preamp is a simple single pole 
double throw miniature toggle switch, 
whereas that mounted on the Yl 
preamp is an SPDT toggle switch with 

a centre off position where all three 
contacts are open-circuit. This can also 
be made up from the more common 
double pole switch whose switching 
arrangement is shown in figure 2. This is 
modified by connecting a wire link as 
shown in figure 3 . 

The output of the chopper oscillator is 
gated in N2 with the blanking output of 
the timebase (input to D6). This pro- 
vides composite blanking pulses (i.e. 
during channel switching as well as 
flyback) which are gated out through 
N3 to the blanking amplifier provided 
S3 is in the ‘norm’ position. In the 
Y1/Y2 mode the pulses from N2 clock 
flip-flop IC7, whose output controls the 
channel switches. Since IC7 divides the 
frequency of the incoming pulse train 
by two the chopping rate is half the 
chopper oscillator frequency. Every 
time a blanking pulse appears at the out- 
put of N2 IC7 changes state and 
switches channels. In the chop’ mode 
this occurs at half the chopper fre- 
quency, while in the ‘alt’ mode the 
channels are switched at the end of 
each sweep. 
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Figure 1. Circuit of channel switching logic. 

Figures 2 and 3. Showing the contact con- 
figuration (figure 2) and wiring to (figure 3) 
S2, S4, S6 and S7. 

Photo 1. Completed motherboard. 


Y1 only mode 

The channel mode is controlled by S6. 
With S3 in the 'normal' position and 
S6 in the 'Y 1 ’ position 1C7 is held in 
the ‘preset’ condition with the Q output 
high and the Q output low. The output 
of N4 (output 1) is low and output 11 is 
high, so T9 in the Y1 preamp is turned 
off and T8 is turned on routeing the Y 


and Y outputs through to the Y ampli- 
fier but blocking them from the X 
amplifier. Output 111 is low, so T7 is 
turned off and the timebase outputs are 
switched through to the X amplifier. 
The outputs of both N5 and N6 (IV and 
V) are high, so T8 and T9 in the Y2 
preamp are turned on, blocking the out- 
puts of this preamp. 
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Y2 only mode 

With S6 in the ‘Y2’ position IC7 is held 
in the ‘clear’ state with the Q output 
high and the Q output low. Outputs I 
and II are high, so the outputs of the 
Y1 preamp are blocked. Depending on 
the position of the nonn/invert switch 
either output IV or output V will be 
low. In the ‘norm’ position output V is 
low and output IV is high, T9 in the Y2 
preamp will be turned off and 18 will 
be turned on, so the outputs of the Y2 
preamp will be switched to the Y ampli- 
fier in the correct sense (i.c. so that a 
positive input voltage deflects the trace 
upwards). With S6 in the ‘invert’ pos- 
ition T8 is turned off and T9 is turned 
on, so the Y2 outputs are switched to 
the Y amplifier in an inverted sense. 

Y1/Y2 mode 

With the channel switch S6 in the 
‘Y1/Y2’ mode the preset and clear 
inputs are both high so the flip-flop may 
be clocked by pulses from N2. On each 
change of state of the outputs of IC7 
the inputs of the Y amplifier are 
switched between the Yl and Y2 pre- 
amp outputs. Again, Y2 may be in 
either the normal or inverted mode. 

X-Y mode 

Finally, with S3 in the ‘X-Y’ position 
IC7 is held in the clear condition via D9. 
Output I is high while output II is low, 
so T8 in the Yl preamp is turned off 
and T9 turned on. The outputs from the 
Yl preamp to the Y amplifier are 
blocked and its outputs are switched to 
the X amplifier inputs. 

Pin 2 of N3 is also low, so its output is 
high and blanking pulses are inhibited. 
Output III is high, turning on T7 and 
blocking the outputs of the timebase. 
The timebase, trigger circuit and chan- 
nel switching logic are all mounted on 
a single printed circuit board, which is 
shown in figure 4. Because of the 
limited space available on the plug-in 
module front panel, the only controls 
mounted on the timebase panel are the 
timebase range switch, X-position and 
trigger level controls. The trigger 
polarity, trigger select, trigger mode, 
X-Y and X expansion switches are all 
mounted on a subsidiary panel, which 
forms part of the CRT fascia. These 
switches are wired direct to the mother- 
board. This arrangement also makes for 
more logical grouping of control func- 
tions. 

The motherboard 

Connections to the timebase and Y 
preamp boards are made by Euro- 
standard edge connectors and wiring 
between these boards is greatly simpli- 
fied by the use of a printed circuit 
backplane or ‘motherboard". This is 
shown in figures 5 and 6, and looking at 
figure 6, it will be seen that the connec- 
tions to this board are arranged further 
to simplify the wiring of the oscillo- 
scope. At the top left-hand corner are 
the connections to all the display mode 
controls. These points may be connec- 


ted direct to the controls on the front 
panel by using ribbon cable. Below this 
are the supply connections and outputs 
to the X and Y amplifiers, and if the 
CRT is mounted to the left of the 
motherboard the connections between 
these boards can be very short. At the 
bottom left-hand corner of the mother- 
board are the supply connections and 
blanking output to the high-voltage 
p.c. board. The front panel for this 
forms part of the CRT fascia for the 
7 cm tube, but is a separate panel for 
the larger tubes. 

Finally, at the bottom right-hand comer 
of the motherboard are the connections 
from the power supply printed circuit. 


Construction 

Assembly of the various printed circuit 
boards should present few difficulties, 
the only point to watch being the pre- 
cautions to be taken to avoid com- 
ponents shorting to the earth plane on 
the Y preamp boards. A complete dia- 
gram of the interwiring between the 
various boards is given in figure 7. 
It should be noted that connections to 
the CRT base will vary depending on 
the type of tube used, and the connec- 
tions to the high-voltage circuit board, 
the X and Y amp and the 6.3 V heater 
supply should be made with reference 
to the tube pin configurations given in 
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part 1 of the article. All connections to 
the tube operating at high voltages I this 
includes the heater supply) should be 
made with adequately insulated wire. 
All interconnections between boards 
may be made with ribbon cable, which 
gives a very neat appearance. Note that 
when using a 7 cm tube the mains 
on/off switch is mounted on the inten- 
sity control because of space consider- 
ations, though some alternative position 
may be found for it at the constructor's 
discretion. In the case of the larger 
tubes provision is made for a separate 
on/off switch on the CRT control panel. 
Note that the x5 expansion control may 
be either a toggle switch with a preset 


Figure 4. Printed circuit board and com- 
ponent layout for the timebase module, 
which also contains the channel-switching 
logic and trigger circuits. 


Parts list for timebase module 
Resistors: 

R1.R31,R32 = 100 SI 
R2.R4.R15.R16.R20.R25. 
R26.R27.R47 = 10 k 
R3 = 1k5 

R5.R36.R39.R46 = 4k7 

R6,R7.R9,R13,R1 4,R1 9.R22, 

R23,R30,R33,R34,R37,R38, 

R40 . . . R45.R48 = 1 k 

R8 - 1 k8 

RIO = 820 n 

R 1 1 .R24.R29 = 2k2 

R12 = 1 M 

R1 7 = 33 k 

R18 - 100 k 

R21 = 27 n 

R28 = 6k8 

R35= 330 U 

R49 - 3k9 

P1.P3- 1 k, lin. 

P2 - 22 k preset 


Capacitors: 

C1,C32 = 1 m (polycarbonate) 
C2,C3,C4,C1 0.C1 8, 

C34 = 10 p/16 V (preferably tantalum) 
C5.C6.C9.C1 3, Cl 7.C30 = 100 n 
C7 = 6p8 

C8 = 4p7/16 V (preferably tantalum) 

C11 = 220 n 

Cl 2.C28 = 10 n 

Cl 4 = 33 p 

Cl 5= 120 p 

C16.C21 = 330 p 

C19 = 1 5 n 

C20.C26 = 1 n 

C22.C23 = omitted 

C24 = 1 20 p 

C25 = 270 p 

C27 = 3n3 

C29 = 33 n 

C31 - 330 n 

C33 = 3p3/16 V 

C35 = 33 p/16 V 


Semiconductors: 

IC1 = LM311 
IC2.IC6 = 7400 
IC3= 74123 
IC4= 555 
IC5 = 7413 
IC7= 7474 

T1 .T3.T4.T6.T7 - BC 547 B 
T2.T5 « BC 557 8 

D1 . D5, D8.D1 0 . . . D1 3 = 1 N41 48 
D6,D9= AA 119 (Germanium-Diode) 
D7 - omitted 


Miscellaneous: 

SI ~ 'Seuffer' 2-pole 12- way 
p.c. mounting switch 
31 -way Euro-standard, edge 
connector plug and socket 

p.c. board EPS-9099-1 - 
see part 3 figure 4 
front panel trim EPS 9361 -2 - 
see part 3 figure 10 
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Parts list for Y preamp module. 

Resistors: 

R1.R3.R5.R7 = 1 M 

R2 = 330 Si 

R4= 1 k 

R6 = 3k3 

R8= 10 k 

R9,R16 = 680 k 

RIO = 270 k 

R1 1 = 33 k 

R12 = 820 k 

R1 3 = 82 k 

R14 = 100 k 

R1 5 = 12k 

R17 = 470 k 

R1 8 = 1 M 

R19- 100 k 

R20,R23,R24 = 100 SI 

R21 ,R22,R32.R33,R34 = 4k7 

R25,R27= 270 Si 

R26 = 22 Si 

R28.R31 = 1k5 

R29.R30 = 2k2 

R35,R36= 220 Si 

R37 . . . R40 = 1 k8 

PI = 220 n lin pot. 

P2 = 100 Si lin pot. 

P3 = 220 Si, preset 
P4 = see text 
Capacitors: 

Cl ,C3,C5,C7,C9 = trimmer 10 ... 40 p 

C2 = 1 00 n 

C4 = 33 n 

C6 = 10 n 

C8 = 3n3 

C10 = 1 n 

Cl 1, Cl 3 = trimmer 10 ... 60 p 

Cl 2 = 330 p 

Cl 4 = 33 p 

Cl 5= 100 n/250 V 

C16 = 10 n 

Cl 7,C1 8,C24,C28 = 1 00 n 
C19,C23,C25,C26 = 10 p/16 V 
preferably tantalum 
C20.C22 = 47 p These need be added 
only if instability occurs. 

C21 = see text 

Semiconductors: 

T1.T3.T8.T9= BC547 B 
T2,T4,T5,T6.T7 = BC 557 B 
T10 = E 420, E 430 or 2 x E 300 
D1 . . . D14 = 1N4148 

Miscellaneous: 

56, see text 

57, single-pole three-way, see text 
S9, ‘Seuffer’ p.c. mounting 2-pole 
1 2 way switch 

31 -way Euro-standard edge connector 
plug and socket 

p.c. board EPS 9099-2 - 
see part 2 figure 12 

front panel trim EPS 9361-3 or 9361-4 
see part 3 figure 10 


Figure 5. Track pattern of the motherboard. 
Figure 6. Component layout of the mother- 


Complete parts list for boards 
shown in parts 1 and 2. 


Parts list for X and Y output amplifier. 

R1 ,R1 1 ,R1 5.R25 = 100JI 
R2,R10.R14.R16,R24 = 1 k 
R3,R4,R7,R8,R1 7.R18, 

R21.R22 = 10 k/1 watt 

R5.R9,R19,R23 ■ 680 SI 

R6.R20 “ 82 n 

R1 2 = 330 SI 

R13 = 3k9 

PI ,P2 - 2k2 (preset! 

P3 = 220 n (preset) 

Capacitors: 

Cl = 220 n 
C2 - 100 n/250 V 
C3.C4 = 10 p/16 V 
C5 = 100 n 


Semiconductors: 

T1.T2.T6.T7 = BF 458 

T3 . . . T5.T8 . . . T10 = BC 140.BC 141 

D1 . . . D4 = 1N4148 

Miscellaneous: 

CRT socket 

Heatsinks for T1 ,T2.T5.T6,T7 and T10 

p.c. board EPS 9099-5 - 
see part 2 figure 7 


Parts list for power supply board 

Resistors: 

R1,R2 = 82 n 
R3,R4 = 2,7 Si 
R5.R7.R8 = 3k9 
R6 = 1 k 
R9 = 1 50 k 
R10 = 18 k 
R11 = ion 

Capacitors: 

C1.C2 = 470 m/25 V 
C3,C4,C13 = 10 m/6,3 V tantalum 
C5.C6 = 22 n 

C7,C10,C12 m 10 m/16 V tantalum 

C8.C9 = 1 m 

C11 = 470 m/16 V 

C14.C17- 100 n 

Cl 5 = 470 p 

C16 = 16 m/250 V 

Cl 8“ 47 m/250 V 

Semiconductors: 

D1 = 33 ... 39 V zener 1 W 

D2.D3.D4.D5 = 1 N4004 

81 ,B2 - B40C500 

T1 = BD 136, BC 430 

T2 = BD 135, BC 429 

T3 = BD 232, BF 458 

IC1 = 3501 TO or Dl L package 

IC2 = L 129. 7805 

IC3 = 723 OIL-package 

Miscellaneous: 

Heatsinks for IC1 .IC2.T1 ,T2.T3. 

Special Elektorscope mains transformer. 

p.c. board EPS 9099-3 - 
see part 1 figure 4 


Parts list for 1000 V high voltage module 

Resistors: 

R1 = 47 k 
R2 = 100 k 
R3.R4.R5 = 1M5 
R6 = 470 k 
R7 = 1 M5 or 470 k 
R8= 10 k 
R10.R11 = 3k9 
R12 = 1k8 
R13 = 5k6 
R14 = 1 k 
R1 5,R16 = 47 n 
PI = 100 k lin 
P2 = 1 M lin 
P3 = 220 k preset 

P4 = 220 k lin pot. with mains switch 
Capacitors: 

C1,C2.C3= 100n/1000 V 
C4 “ 100 n/1000 V 
C6= lOp 
C7 = 220 p 
C8.C9 = 220 n 

Semiconductors: 

T1 = BC 547 B 
T2 = BC 557 B 
Dl = 1N4148. 1N914 
D2 = BY 187, BY 209 or other 
2kV diode 

D4,D5= AA 1 19 or other 
germanium diode 

Miscellaneous: 

p.c. board EPS 9099-4 - 

see part 1 figure 12 


Parts list for 2000 V high voltage module 

Resistors: 

R1 = 47 k 

R2 = 100 k 

R3.R4,R5,R7 = 1M5 

R6= 1 M 

R8.R9 = 10 k 

R10.R11 = 3k9 

R12- 1k8 

R13 = 5k6 

R14 = 1 k 

R15.R16 = 47 n 

R17. R20-22 MI'/i W 

PI = 100 k. lin. 

P2= 1 M. lin. 

P3 - 220 k. preset 
P4 = 220 k. lin. pot. 

Capacitors: 

C2a,C2b,C3a,C3b = 220 n/1000 V 
C4,C5 = 100 n/1000 V 
C6 = 10 p 
C7 = 220 p 
C8.C9 * 220 n 

Semiconductors: 

T1 = BC 547 B 
T2 = BC 557 B 
Dl = 1N4148, 1N914 
D2.D3 = BY 1 87. BY 209 or 
other 2kV diode 

D4,D5 = AA 1 1 9 or other germanium 

Miscellaneous: 

p.c. board EPS 9099-7 - 

see part 1 figure 1 1 

front panel trim EPS 9410-2 - 

see part 3 figure 1 1 



Figure 7. Exploded 
Elektorscope. 


Figure 8. Calibration 
and deflection amplifi 


Figure 9. Showing the correct 
waveforms when setting up the 


Figure 10. Front panel layout 
version of the Elektorscope. 
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potentiometer mounted behind it, or if 
fine control of X expansion is required 
this may be replaced by a miniature 
potentiometer with on/off switch. 

No mechanical details of the construc- 
tion are given since it is felt that con- 
structors will wish to adopt their own 
style, and it is anticipated that some 
suppliers will make cases available for 
the less constructionally adept. Appear- 
ance parts always present a problem, 
however, so to give a professional finish 
a set of front panel trims will be avail- 
able from the EPS service. 

To assist the constructor a series of 
photographs is given showing various 
constructional points and the general 
layout of the oscilloscope, which should 
be adhered to. _ 


Do's and Don'ts 

DON'T 

- knock, bend, file or saw the mumetal 
CRT screen, as this will destroy its 
magnetic properties. 

- use the output amplifier/CRT base 
assembly as a support for the back 
end of the CRT. The CRT should be 
supported at the front by a (non- 
magnetic) ring or other clamp, and 
by a clamp about halfway down the 
neck. The CRT base should float 
freely on the tube pins and should 
not be used as a support for the out- 
put amplifier board, which should be 
mounted independently on the main 
chassis. All clamps and mountings on 
the CRT, and the inside of the 
mumetal screen, must be cushioned 
by foam draught excluder or some- 
thing similar. 


DO 

— Check and double check the wiring 
and p.c. boards for mistakes, dry 
joints etc, before switching on any 
power. A little care at this stage will 
save a great deal of expense later. 

- test the power supply circuits before 
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connecting to any other part of the 
circuit. This is dealt with under 
‘Testing and Calibration'. 

Testing and calibration 

1. Power supply 

The power supply should be tested 
before connecting its outputs to the 
motherboard, and to do this satisfac- 
torily the voltages should be measured 
both on and off load. Dummy loads 
should be made up from resistors or 
combinations of resistors to the fol- 
lowing values. 

5 V supply 27 12 I W 
15 V supplies 82 12 2.5 W 
150 V supply - 3k3 7.5 W 
The off load voltage of the 150 V 
supply may be considerably higher than 
150 V, but should drop to 150 V on 
load. Note that although this supply is 
current limited it is not short-circuit 
proof, so care should be taken not to 
short its outputs. 

The F.HT supply on the high-voltage 
circuit board should also be tested. If 
the multimeter used does not have a 
high enough range then its range can be 
extended by the use of series resistors. 
Three or more equal resistors in series 
should be used so that only a portion of 
the KHT voltage is dropped across each 
and their voltage ratings are thus not 
exceeded. The required resistor value is 
given by: 

R = (Vi V 2 ) • x 
where R is the series resistance 

Vi is the required voltage range 
V 2 is the actual meter range 
x is the "ohms per volt’ of the 
meter. 

It is obviously best to make the 
extended meter range a convenient 
multiple of one of the ranges on the 
meter, for example: 

if the meter is 20,000 S2/V and has a 


300 V range then this can be converted 
to a 3000 V range. The required series 
resistance is (3000 - 300) x 20,000 = 
54 M£2. Naturally great care should be 
taken when measuring the EHT voltage. 
2. Mainframe 

Having tested the power supplies and 
connected them to the rest of the 
circuit, the mainframe of the oscillo- 
scope can be tested. The Y preamps and 
timebase should not be plugged in at 
this point. P3 on the CRT circuit board 
should be turned fully clockwise, and 
the intensity control should be turned 


Photo 2. Showing front panel layout of the 
two versions of the Elektorscope. 

Photo 3. Wiring to the switches on the CRT 
fascia. 

Photo 4. Showing wiring to the X and Y 
amplifier and CRT base. 

Photo 5. View of the oscilloscope with the 
timebase and Y modules removed, showing 
motherboard and wiring to CRT fascia. 
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fully anticlockwise before applying 
power. The focus and astigmatism 
controls should be left in the mid- 
position. As soon as the CRT heaters 
are warmed up the intensity control 
may be turned fully clockwise and P3 
turned until a spot or patch of light 
appears on the screen. This may be 
adjusted with the focus and astigmatism 
controls until it is a small circular dot. 
P3 may now be rotated further until 
the spot may be viewed comfortably in 
normal ambient light, but should not be 
rotated so far that a pronounced ‘halo’ 
appears round the spot, since operation 
under these conditions may cause a 
permanent burn on the CRT phosphor. 
When adjusting P3 it will be necessary 
to alter the astigmatism and focus 
controls to maintain the size and shape 
of the spot. 

3. Timebase 

Having checked the CRT circuit the 
timebase module may now be tested. 
Plug the timebase module into the 
correct position in the motherboard, 
switch on the power and set S4 to ‘auto' 
and S3 to ‘normal’. A horizontal line 
should now appear on the screen, and 
it should be possible to shift its pos- 
ition with the ‘position’ control. 

By adjusting P2 on the output amplifier 
board it should be possible to vary the 
length of the line, but with the larger 
CRT’s it may not be possible to make 
the line extend over the entire screen 
width. Provided the X deflection ampli- 
fier is working correctly this is due to 
low sensitivity of the CRT. If this is the 
case the X deflection amplifier will ‘run 
out of steam’ and clip, and this can be 
seen by the fact that the trace is 
brighter at the ends than in the middle. 
The cure is very simple. With P2 at 
minimum reduce the final anode voltage 
by increasing R6 on the high-voltage 
board until it is possible to obtain a 
trace over slightly more than the useful 
screen width (if the CRT is imagined as 
having a rectangular mask then the 
useful screen width of the 13 cm tube 
is about 10 cm, so make the trace about 
1 1 cm long). Having adjusted the final 
anode voltage if necessary, increase the 
value of P2 until the trace just occupies 
the useful screen width and is uniform 
in brightness. If S8 is now switched to 
the x5 position and P3 set to minimum 
the trace should again exceed the useful 
screen width and will be brighter at the 
ends than in the middle. The X ampli- 
fier will always clip with S8 in the x5 
position since we arc trying to amplify 
the timebase output to more than the 
maximum voltage swing of the X ampli- 
fier. However this does not matter pro- 
vided the central expanded portion of 
the trace is linear, and the brighter ends 
will be off the edges of the screen any- 
way. 

It may be found as the timebase switch 
is rotated that the length of the trace 
will change. This is not a fault but is due 
to limitation inherent in the timebase 
design. It should cause no inconvenience 
in practice. 
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Having checked that the timebase func- 
tions on all ranges the Y preamps must 
be tested before the timebase can be 
calibrated. 

Y preamps 

Plug the Y preamp modules into their 
correct positions and set the attenuator 
controls to the 30 V/cm position. Set 
the Y1/Y2 switch S6 to the Y1/Y2 
position, and by adjusting the position 
controls it should be possible to obtain 
two horizontal lines on the screen. 
Check that with S6 in the Y 1 or Y2 pos- 
ition the appropriate trace appears on 
the screen. The timebase speed may 


now be set by feeding a squarewave of 
known frequency into one of the Y 
inputs, remembering to set the sync 
selection switch to either Y1 or Y2 as 
appropriate. A suitable circuit for 
calibrating the timebase and Y ampli- 
fiers is given in figure 8. 

With the timebase switch set to the 
3 ms/cm position P2 on the timebase 
module can now be adjusted so that 
one cycle of the 50 Hz waveform 
occupies 6 2 /3 divisions of the graticule. 
All the other timebase speeds should 
now be correct to within the tolerance 
allowed by the timing capacitors. On 
the 10 ms, 30 ms and 100 ms speeds 


Photo 6. The power supply is mounted 
behind the motherboard. 

Photo 7. Showing the assembly of the p.c. 
mounting switches used in the timebase and 

Figure 14. Assembly of the 2-pole 12-way 
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the calibration accuracy may be poor 
due to the high tolerances of the elec- 
trolytic capacitors used. Some slight 
non-linearity of the timebase may also 
be noticed on these ranges due to the 
polarizing voltage of the capacitors. The 
perfectionist can, of course, correct the 
speeds by padding the capacitors to 
obtain the exact value, but it is prob- 
ably not worth the effort at such low 
timebase speeds, since these are rarely 
used for time or frequency measure- 
ments. 

Having calibrated the timebase speeds 
the x5 expansion switch can be 
adjusted. With S8 in the x5 position P3 
is simply adjusted until one cycle of the 
waveform occupies 5 times the length 
that it does on the normal position. 

Since the gain of the X amplifier is now 
fixed the gain of the Y1 preamp must 
be adjusted to give the correct deflec- 
tion in the X-Y mode. S3 is set to the 
X-Y position and the calibration signal 
is fed into the Y1 input. With PI in the 
‘cal’ position and S9 set to lOV/cm 
P2 on the Y1 preamp module is 
adjusted to give a trace length of 2 cm. 
S3 is now switched back to the normal 
position and PI on the Y output 
amplifier is adjusted to give the same 
deflection. Finally, the calibration signal 
is fed into the Y2 input and with PI in 
the ‘cal’ position, P2 on the Y2 module 
is adjusted to give the same deflection 
(2 cm). 

The low frequency calibration of the 
oscilloscope is now complete, and all 
that remains is to adjust the trimmers 
on the Y attenuators. For this a square- 
wave signal of about 1 kHz is required. 
This must have a fast risetime and a low 
output impedance, and to avoid degra- 
dation of the signal by capacitive 
loading the oscillator should be con- 
nected to the oscilloscope by a very 
short length of cable. The procedure 
is to adjust each trimmer until the 
display on the oscilloscope is as near to 
a squarewave as possible, with no 
overshoot nor rounding-off of the 



leading edge. The correct and incorrect 
waveforms are given in figure 9. Of 
course, for this calibration procedure to 
work the original input waveform must 
be really square! 


Final constructional notes 

To clarify certain points mentioned in 
the first two parts of this article and 
avoid the possibility of constructional 
errors the following should be noted : 

1. The connections between the high- 
voltage board and the base of the CRT 
were not made sufficiently clear. These 
connections are as follows: 
high voltage board CRT 
gl g 

g2 g4 a 1 a3 (SI) 

k k 

g3 a2 


2. The CRT heater connections (h, h in 
part 1 figure 9) are shown as f, f (for 
filament) in part 1 figures 7 and 8. The 
heater connections on the CRT base are 
connected direct to the 6.3 V winding 
of the transformer. The cathode connec- 
tion (k) should be linked direct to one 
of the heater pins on the CRT base. 

3. Referring to part 2 figure 7, it should 
be noted that the connections shown 
from the X and Y outputs to the CRT 
base apply only to the Telefunken 
CRTs. For X and Y pin connections to 
Mullard CRTs refer to part 1 figure 9 
and connect as follows: 


X-Y amplifier CRT base 

board connection connection 

from R3,R4 Y2 

from R7,R8 Y1 

from R1 7,R1 8 XI 

from R21.R22 X2 


When these connection are correctly 
made a positive input voltage to the Y 1 
channel should cause an upward deflec- 
tion of the trace, and the timebase 
should sweep from left to right. If the 
connections are wrongly made then the 
trace will be back-to-front and/or upside 
down. The cure is to reverse the Y1/Y2 
and/or X1/X2 connections to the CRT 
base. 

4. In part 1 mention was made of 
Z modulation. This was not, in fact, 
incorporated in the prototype, but a 
Z input can be provided by an SPDT 
switch at the input of the blanking 
amplifier to switch between the output 
of N3 and the Z1 input socket. 

5. It may be noted that the 31-way 

connectors in photo 1 are apparently 
reversed with respect to those shown 
in figure 6. The reason is that the 
connection pins on the back of the 
connectors are offset from the sockets. 
Figure 6 shows the holes for the pins, 
but photo 1 shows the view on the 
sockets. H 
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emitter follower 
with 

current source 


In its standard version an emitter fol- 
lower is provided with an emitter re- 
sistor. This resistor and the base poten- 
tial determine the emitter current le of 
the emitter follower. The gain of the 
emitter follower is always less than 
unity, but approaches unity as the 
product S • Re is greater. S is the slope, 
which equals 40 • le. The product 
SRe = 40IeRe, and thus the gain, corre- 
sponds to a certain base potential. 

If Re is replaced by a current source, S 
can be chosen independently of Re. The 
value of Re is then determined by the 
load impedance of the emitter follower 
which is usually much higher than the 
value required for the DC-setting. It is 
now possible to obtain a gain closely 
approaching unity. This is of import- 
ance for certain types of active filter. 
This circuit has an additional advantage. 
It can be shown that the distortion of 
an emitter follower is inversely pro- 
portional to the square of the emitter 
impedance Re. As already said, Re is 
much higher than usual when a current 
source is used. Hence distortion, too, is 
much less than usual. At the indicated 
value of Re the emitter current is about 
2 mA. Reduction of R3 involves a 
proportional increase in emitter current. 



16 channels taps 
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Various circuits for Touch Activated Programme 
switches (TAPs) have previously been published 
in Elektor. However, these switches have had 
only three or four positions. 

In this article are discussed two designs for TAPs 
having 16 positions. 


The first circuit (figure 1 ) makes use of 
a diode encoder to convert into binary 
the hexademical inputs from the sixteen 
touch contacts. The binary code is then 
stored in a four-bit latch circuit, the 
output of which is decoded back into 
a one-of-sixteen format. 

To make the circuit easier to follow it 
has not been drawn in full but has been 
somewhat simplified. The binary code 
corresponding to the input from 1 to 16 
is stored in four CMOS flipflops A to 
D. The outputs of the flip-flops are 
buffered by transistors T1 to T4 and are 
decoded by a TTL, binary to one-of-16 
decoder. 

Each flip-flop has a set and reset input. 
The 8 inputs are connected to 8 bus 
lines A BCD and A BCD, which are 
normally pulled up by 8 10 M resistors. 
Each of the 16 touch contacts is con- 
nected to the cathodes of four diodes. 
The anodes of the diodes are connected 
to four of the bus lines to set or reset 
the flip-flops in accordance with the 
binary code for the particular input. 
Each of the blocks shown with a diode 
symbol corresponds to four diodes, and 
each output line from a block corre- 
sponds to the four anodes, which are 
joined to the bus lines as indicated by a 
blob where the lines cross. For example, 
the first inpuj^ js ^iven the binary code 
0000, so the A B C and D bus lines each 
have a diode connected to them from 
this input. At the other end of the 16th 
input is given the binary code 1 1 1 1 , so 
the A B C and D bus lines all have con- 
nections from this input. A complete 
example showing the wiring of input 1 3 
is shown in the diagram. 

The disadvantage of this circuit is that it 
requires a total of 64 diodes for the 


encoding circuits. Figure 2 shows a cir- 
cuit in which the touch contacts them- 
selves perform part of the encoding 
process. The latches that accept and 
store the touch inputs are two, four- 
position TAPs similar to those used in 
the TAP Preamp (Elektor 3 and 4, 
May, June 1975). 

The two TAP circuits are arranged in a 
four-by-four matrix. When one of the 
inputs 1 to 4 is selected then that out- 
put goes high and applies a positive 
voltage to the commoned bases of one 
of the rows of transistors T1-T4, 
T5-T8, T9-T12, T13-T16. Selecting 
one of the inputs A to D causes that 
output to go high, turning on one of 
the transistors T17 to T20, which 
grounds the commoned emitters of one 
of the columns of transistors Tl, T5, 
T9, T13 etc. A transistor in the matrix 
Tl to T16 can be turned on only if the 
row and column to which it belongs are 
both selected. Thus, if 1 A is selected a 
positive voltage is applied to the base of 
Tl and its emitter is grounded, so it 
turns on. 

At first sight it would appear to be 
necessary to touch two contacts - a row 
and a column input - to select a par- 
ticular output. However, by arranging 
the touch contacts as two-pole devices 
they can operate both a row and 
column input simultaneously. For 
example, touching the first contact 
activates row 1 and column A, turning 
on Tl. Touching the second contact 
activates row 1 and column B, turning 
on T2 and so on. 

In the circuit given the output transis- 
tors are shown simply switching LEDs, 
but of course they could be used to 
drive any load up to about 100 mA. M 
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lind-bender 


tba 120t 


Final notes. 

The complete circuit requires a total of 
41 ICs, not counting the power supply. 
Even then, it does not include a 
memory for the results of previous tries. 
However, it was felt that it would be 
cheaper to use a pencil and paper for 
that particular function ... the mind- 
bender is only meant to replace the 
dummy player. 

The large number of ICs suggests that it 
might be justified to use a micro- 
computer. This would solve the memory 
problem at the same time. Maybe it’s an 
idea for some sophisticated TV games 
manufacturer in the not-too-distant 
future? 
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Until the present time it has not been 
possible to build an FM receiver that 
requires absolutely no alignment. 
Despite the availability of pre-aligned 
front ends and the use of ceramic i.f. 
filters there has always been some 
adjustment to make. In i.f. strips with a 
quadrature demodulator for example, 
the quadrature coil must be adjusted. 
The introduction of ceramic phase 
shifters by Murata has eliminated even 
this adjustment. These elements were 
first developed for use in TV sound 
circuits where the elimination of 
production line adjustments saves a 
large amount of money. A 10.7 MHz 
version has now been introduced for use 
in FM radios and tuners, and Siemens 
have introduced a new version of the 
TBA 120 for use with these devices. 
This is designated the TBA 1 20T. 

The circuit of a completely adjustment- 
free FM i.f. strip using the TBA 120T 
and Murata CDA 10.7MA is given in 
figure 1 . This is used in the ‘Local Radio’ 
receiver described elsewhere in this issue, 
The i.f. output of the tuner feeds into a 
10.7 MHz ceramic filter, which provides 
the i.f. selectivity. Transistor T1 
provides some gain to compensate for 
the insertion loss of the filter and to 
boost the signal to a level suitable for 
feeding into the TBA 120T. LI, C2 and 
the internal input terminating resistance 
of the TBA 1 20T form an impedance 
matching network for 10.7 MHz, so this 
value of LI must be adhered to. The 
phase shift network comprises the 
ceramic phase-shift element and capaci- 
tor C6. 

The TBA 120T incorporates an elec- 
tronic gain control so that no volume 
control is required in the succeeding a.f. 
amplifier. This makes the circuit emi- 
nently suitable for inexpensive (mono) 
f.m. receivers. The control is effected by 
PI and has a range of about 60 dB. 

A prototype i.f. strip was built using the 
TBA 1 20T and CDA 10.7MA in this 
circuit, and the following test results 
were obtained: 

(Fjn = 10.7 MHz, deviation ± 40 kHz) 

- sensitivity for 26 dB s/n: about 20/iV 

- output voltage for 3% distortion: 

2V RMS 

- current consumption at 12V supply: 

35 mA 

- volume control range: 60 dB 
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amplifier and 

demodulator using the TBA 120 T and 
CDA 10.7 MA. 


Note that these values are only for one 
sample of the IC and should not necess- 
arily be taken as typical. The sensitivity 
increases with lower supply voltages, 
but the maximum available a.f. output 
voltage swing is less. 

Distortion is determined mainly by the 
linearity of the transfer characteristic of 
the ceramic phase-shift element (phase 
shift versus frequency deviation). At 
frequency deviations much above the 
± 40 kHz used in the tests the transfer 
function becomes extremely non-linear 
and the distortion is high. This makes 
the circuit unsuitable for use in stereo 
systems where a higher deviation is 
required. 

A p.c. board and component layout for 
the i.f. strip are given in figure 2. M 



Note: pin B is a fixed-level a.f. output; 

pin A is the input to the level control stage, 
pin C is the variable-level a.f. output. 


Capacitors: 

Cl = 100 n 

C2- 10 p 

C3.C4 = 22 n 

C5 - 47p/16 V 

C6 = 330 p 

C7.C8 = 4n7 

C9 . . . Cl 1 ■ 4p7/16 V 

Semiconductors: 

T1 = BF 199 
IC1 = TBA 120 T 

Miscellaneous: 

LI = 18pH 

Ceramic filters SFE 10.7 MA and 
CDA 10.7 MA 
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The new Maplin Catalogue 
is no ordinary catalogue... 


Catalogue includes a very wide range of 
components: hundreds of different capacitors 
resistors; transistors; I.C.’s; diodes; wires arc 
cables; discotheque equipment; organ components, 
musical effects units; microphones; turntables 
cartridges; styli; test equipment; boxes and 
instrument cases; knobs, plugs and sockets: 
audio leads; switches; loudspeakers; books; tods - 
AND MANY MANY MORE. 


r SENDW'S COUPON ^ send 

I aoprOVALI Price 50p - StNU . q77/ 70 catalogued 

I not satisfied. I may ret^tne £ ^ need n0t purchase 
1 anything from t yc»Jr catalogue should l choose - 


ADDRESS 






delay in completion of larger 
warehouse, catalogue will be 
delayed by up to four weeks - so there's still 
time to order before publication and get your pack of ten 
super special offer coupons, giving big discounts on ten different 
_ popular items. YOU COULD SAVE POUNDS! - SO DONT DELAY - 

FILL IN AND POST COUPON NOW! 


Our bi-monthly newsletter keeps you up to date with latest 
guaranteed prices - our latest special offers (they save you 
pounds) - details of new projects and new lines. Send 30p 
for the next six issues (5p discount voucher with each copy). 
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ELECTRONIC SUPPLIES 
P.O. BOX 3. RAYLEIGH, ESSEX SSB 8LR 

Shop: 284. London Road, Westcliff-on-Sea. Essex 
(Closed on Monday) Telephone: Southend (0702) 44101 


